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METHOD AND APPARATUS FOR ANALOG-TO-DIGITAL 

CONVERSION 

FIELD OF THE INVENTION 

The present invention relates generally to analog-to-digital conversion, 
and particularly, to analog-to-digital conversion in radio receivers. 

BACKGROUND 

Analog-to-digital converters (ADCs) are often found in signal receiving 
applications such as radio receivers. In a radio receiver, a radio frequency (RF) 
analog signal is frequency down-converted by a mixer. The mixer uses a local 
oscillator (LO) signal from a local oscillator source to convert the received signal into 
a frequency range suitable for sampling by an analog-to-digital converter. Another 
oscillator controls the sampling rate of the analog-to-digital converter. A filter is 
required between the mixer and the analog-to-digital converter in order to minimize 
spurious signals caused by the mixing and the sampling processes. 

The filter is sometimes referred to as "anti-aliasing" filter because it 
suppresses the spectral components that are outside the Nyquist band. In other 
words, it prevents out-of-band frequency components caused by the mixing and 
sampling, (i.e., the aliased signals), from contaminating the analog-to-digital converter 
output. Absent such a filter, part of the frequency spectrum outside the desired 
frequency band will be aliased into the desired frequency band producing undesired 
spurious signals. This aliasing effect may also occur even when such a filter is used, if 
it is not sufficiently accurately designed or manufactured. 

An example of this aliasing effect is now described in conjunction with 
the frequency spectrums shown in Figs. 1A-1G. Fig. 1A illustrates the location of 



the desired received signal frequency band, Aoo, and its negative counterpart aoo. 
Fig. IB shows the frequency spectrum for the local oscillator (LO) signal used by the 
mixer to frequency down-convert the received RF signal into the intermediate 
frequency (IF) band, baseband, or other frequency band suitable for analog-to-digital 
5 conversion. The local oscillator signal has a fundamental frequency at ±L, a second 
harmonic at ±2L, a third harmonic at ±3L, a fourth harmonic at ±4L, a fifth 
harmonic at ± 5L, and so on. Typically, only the odd harmonics are problematic 
because the even harmonics are generally very small in magnitude. 

jp Fig. 1C illustrates the result of mixing of the local oscillator frequency 
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igo fundamental frequency L (shown in Fig. IB) and the receive band of the desired 
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signal shown in Fig. 1A. The desired signal and its negative image have been shifted 
to lower frequency bands AO, aO and to higher frequency bands AX, al, (which are 
outside the frequency band of interest) with first order harmonics of F LO (±L\ 
Fig. ID illustrates the result of mixing the third order harmonic of the local 
^5 oscillator signal (±3L) and the receive band, resulting in the spectrum components 
IU BO, bO and Al, al. Similarly, Fig. IE shows the result of mixing the fifth order 

harmonics of the local oscillator signal (±5L) and the receive band, resulting in the 
spectrum components Bl, bl . Again, only the odd-order harmonics of the local 
oscillator are of practical concern. 

20 Fig. IF shows the spectral result of the output of the mixer when the 

fundamental and the odd harmonics of the local oscillator are mixed with the desired 
signal in the receive band. A filter characteristic, represented as the thick-line 
trapezoid, can remove those unwanted spectral components shown in dotted lines, 
leaving only the desired signal at aO, AO along with those undesired spectral 

25 components that were not filtered, e.g., bO, BO. Unfortunately, these in-band, third 
or higher order harmonics cause undesired aliasing in the analog-to-digital 
conversion. 



Fig. 1G shows a sampled mixer output from an analog-to-digital 
converter, when a non-optimal filter, such as that shown in Fig. IF, is used to filter 
the mixer output. The undesired, aliased signals are shown as "dotted" spectrums, 
and the desired signals are shown as "hatched" spectrums. The sampling frequency 
of the analog-to-digital converter and its harmonics are shown as thick black vertical 
lines centered for each spectral copy and are indicated as F ADC . The aliasing problem 
is particularly troublesome when the analog-to-digital converter sampling rate is 
relatively high or higher than the local oscillator frequency. Although the sampling 
frequency satisfies the Nyquist sampling theorem and is more than twice the highest 
frequency of the receive band for the desired signal aO, AO, the sampling frequency is 
not more than twice the highest frequency of the mixer products bQ, BO. As a result, 
those sampled, third harmonic signals 60, BO are aliased into the frequency range of 
the desired signals. Being in the desired frequency band, the aliased signals cannot be 
readily removed by a filter, (e.g., a digital filter). 

Thus, it is clear that the mixer output filter performs an important 
function in the receiver. However, such filters, (assuming they can perform the 
required filtering function), have their disadvantages. First, they must be very 
accurately designed and constructed in order to eliminate the aliasing effect. To do 
this, the filter must be usually of a high order so that it has a sharp cutoff and a low 
ripple in the pass band in order to remove all signals except aO, AO in Fig. IF. 
Second, such filters are typically expensive, and even then, have certain variances and 
losses in the pass band that require compensation. Third, the filter must be matched 
to both source and load impedance in order to function properly. The mixer 
"source" impedance is typically low, and the analog-to-digital converter "load" 
impedance is typically high and slightly capacitive. Because high performance 
analog-to-digital converters usually suffer from decreasing linearity as the voltage 
swing over their input increases, it is beneficial to keep the load impedance as low as 
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possible. Impedance matching is difficult because of the non-linear input impedance 
of the analog-to-digital converter, which means there is no fixed impedance value to 
use as a reference when calculating the filter impedance level. This non-linear 
impedance results in an anti-aliasing filter whose transfer function depends on the 
5 input signal's amplitude and frequency. As a result, the filter's bandwidth, insertion 
loss, and ripple will not match specifications for a fixed load impedance. Thus, there 
are several reasons why it is undesirable to use a filter or impedance transformer 
between the mixer and the analog-to-digital converter. Still, there is a need to avoid 
|^ spurious signals in the pass band caused by aliasing. 



,3o The present invention solves the above problems and meets certain 
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desirable objectives by providing a method and apparatus that eliminates the need for 
such an anti-aliasing filter while, at the same time, ensuring that aliasing in the pass 
band does not occur as a result of the mixing and sampling processes. In particular, 
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W the present invention relates the mixer's local oscillator frequency with the 
'^5 frequency of the analog-to-digital converter sampling rate in such a way so as to 
|!j avoid aliasing in the desired receive band. In particular, the frequency of the local 
oscillator signal is an integer multiple of half of a sampling rate of the analog-to- 
digital converter. When the integer is one, the frequency of the local oscillator signal 
is one half of the sampling rate of the analog-to-digital converter. In a preferred, 
20 non-limiting, example embodiment, the sampling rate of the analog-to-digital 
converter and the frequency of the local oscillator are related by the following: 
f lo = n * Fadc 1 2, where n is any positive integer. 

A common oscillator is preferably (though not necessarily) used to 
generate a periodic signal that is then used to generate both the local oscillator signal 
25 and the sampling rate signal. A frequency changer, receiving the periodic signal from 
the common oscillator, provides the local oscillator signal to the mixer and a 
sampling signal to the analog-to-digital converter. The frequency changer includes a 




first frequency divider for dividing the periodic signal in half to generate the local 
oscillator signal and for dividing the periodic signal by a positive integer to generate 
the sampling signal of the analog-to-digital converter. 

The present invention may be used in a receiver without an anti- 
5 aliasing filter between the mixer and the analog-to-digital converter. Thus, the 

expense of such filter is avoided. In addition, the low impedance output of the mixer 
can be directly coupled to the analog-to-digital converter without an impedance 
matching network. Alternatively, a simplified, less expensive filter may used 

I* 

IP between the mixer and the analog-to-digital converter. 

i- 

Wo BRIEF DESCRIPTION OF THE DRAWINGS 

in 

5_ The foregoing and other objects, features, and advantages of the present 

13 

ly invention may be more readily understood with reference to the following 

P 

*g description taken in conjunction with the accompanying drawings. 

q 

Figs. 1A-1G show magnitude spectra of signals at various points in a 
15 receive chain that incorporates an analog-to-digital converter; 

Fig. 2 illustrates a receiver in which an example, non-limiting 
implementation of the present invention is employed; 

Fig. 3 illustrates a flowchart outlining procedures in accordance with an 
example, non-limiting method in accordance with the present invention; and 

20 Figs. 4A-4F show magnitude spectra of signals at various points of the 

receiver in Fig. 2. 



DETAILED DESCRIPTION 

In the following description, for purposes of explanation and not 
limitation, specific details are set forth, such as particular embodiments, procedures, 
techniques, etc. in order to provide a thorough understanding of the present 
invention. However, it will be apparent to one skilled in the art that the present 
invention may be practiced in other embodiments that depart from these specific 
details. In some instances, detailed descriptions of well-known radio circuit 
components and devices, receiver signal processing methods and techniques, etc. are 
omitted so as not to obscure the description of the present invention with 
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s ho unnecessary detail. Moreover, individual function blocks are shown in some of the 
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' figures. Those skilled in the art will appreciate that the functions may be 
implemented using individual hardware circuits, using software functioning in 
conjunction with a suitably programmed digital microprocessor or general purpose 
W computer, using an application specific integrated circuit (ASIC), and/or using one 
or more digital signal processors (DSPs). 

Fig. 2 shows an example radio receiver 10 that employs an analog-to- 
digital converter (ADC) 22. Receiver 10 includes an antenna 12 for detecting a 
desired RF signal in an RF receive band to a receiver front end 14. The receive band 
may encompass one or several channels. The front end 14 may include analog signal 

20 processing circuitry that performs such functions as low noise amplification, 

frequency band selection, and possibly, a first heterodyning stage. A band-limited 
analog signal from the front end 14 is provided to a mixer 16, which using a local 
oscillator (LO) signal F LO , shifts the received signal into a frequency range suitable 
for sampling by an analog-to-digital converter 22. An optional, inexpensive, anti- 

25 aliasing filter 20 may be employed if desired. However, an advantage of the present 
invention is that no anti-aliasing filter is needed. In any event, the analog signal 
output by the mixer 16 (or the optional filter) is sampled in the analog-to-digital 



converter 22 to generate a corresponding digital signal. The sampling rate of the 
analog-to-digital converter 22 is controlled by a sampling clock F ADC . The digital 
output from the analog-to-digital converter is provided to digital processing 
circuitry 26 for further processing. If the receiver is a multi-carrier radio receiver, 
5 the digital processing circuitry 26 may include a channelizer which selects different 
channels/frequency carriers contained in the receive band. 

< / The local oscillator frequency F LO and the sampling clock frequency 

F ADC are generated by a frequency changer 28 which is supplied by a master or 
p common oscillator 30. The frequency changer 28 includes a first frequency 
k Uo divider 32 that divides the output of the master oscillator in half. Frequency 
IFs divider 34 divides the output of the master oscillator by n, where n is any positive 
IP integer. The master oscillator output outputs a periodic signal having a frequency 
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Q 2L. The periodic signal can be a sine wave, a square wave, or any other periodic 

W 

p signal wave form. Moreover, the signals F LO and F ADC can be any type of signal 

M 

which is acceptable to the mixer 16 and the analog-to-digital converter 22, 
respectively. The frequency changer 28 can be any appropriate frequency changer 
mechanism such as a commercially available frequency divider or a commercially 
available frequency converter. The values of L and n depend on the particular 
receiver design. F LO = L and is selected in accordance with a determined receive 

20 band. F ADC =2L/n and is selected in accordance with a predetermined sampling rate 
range of the analog-to-digital converter 22. F LO and F ADC are related in accordance 
with the following. F LO = n * F ADC 1 2, where n is any positive integer. Although a 
single master oscillator 30 is shown, two separate oscillators may be employed to 
generate F LO at L and F ADC at 2L/n. Such separate oscillators may or may not be 

25 synchronized. 
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Reference is now made to the Frequency Select procedures shown in 
Fig. 3. First, a workable or required receive band is determined (step SI) for the 
receiver. In addition, the sampling rate range for the analog-to-digital converter is 
determined (step S2). A receiver designer may or may not have control over one or 
both of these two parameters. Accordingly, F LO is selected in accordance with the 
determined receive band, and F ADC in accordance with the determined sampling rate 
range. However, both F LO and F ADC are also determined in accordance with the 
relationship: F LO =n* F ADC 12 so that F LO =L and F ADC =2L/n (step S3). Knowing 
the value of L needed for the mixer, the output from the master oscillator is set to 
2L (step S4). The frequency input to the mixer F LO is set to L, and the sampling 
rate input F ADC to the analog-to-digital converter is set to F ADC =2L/n (step S5). 



The relationship between the local oscillator frequency and the analog- 
Q to-digital sampling rate eliminates aliased signals in the desired receive band. In this 
|3 regard, reference is made now to the frequency spectra shown in Figs. 4A-4F. 
{35 Fig. 4 A illustrates the location of the desired receive signal frequency band, Aoo, and 
its negative counterpart aoo. Fig. 4B shows the frequency spectrum for the local 
oscillator signal used by the mixer to frequency downconvert the received signal. As 
in Fig. 1, the local oscillator signal has a fundamental frequency of ± L, second 
harmonics at ± 2L, third harmonics at ± 3L, and so on. 

20 Fig. 4C illustrates the result of mixing the local oscillator fundamental 

frequency L (shown in Fig. 4B) and the receive band with the desired signal (shown 
in Fig. 4A). The receive band and its negative image have been shifted to lower 
frequency bands AO, aO and to higher frequency bands Al 9 al with first order 
harmonics of F lo (±L). Fig. 4D illustrates the result of mixing the third order 

25 harmonic of the local oscillator signal (± 3L) and the receive band resulting in the 
spectrum components BO, b0 and A2, a2. Similarly, Fig. 4E shows the result of 
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mixing the fifth order harmonic of the local oscillator signal ± 5L and the receive 
band resulting in the spectrum components at Bl, bl and A3, a3. Assuming the 
mixer is well balanced so that the even harmonics cancel each other, only the odd 
order harmonics of the local oscillator are of practical concern. Fig. 4F shows the 
result of when the fundamental and all harmonics from the mixer are superimposed 
and sampled in the analog-to-digital converter with a sampling/ clock frequency of 
F ADC = 2 * L (n = l) in this example. Only the desired signals AO, aO are in the desired 
receive band. The remaining signals can be easily filtered out in the subsequent 
digital processing unit 26. 

In Fig. 4, the shifted signal (shifted with ±L = F ADC 1 2 and its 
harmonics) fed into the analog-to-digital converter (ADC) (Fig. 4C-4E) sums up at 
spectrum positions equal to all aliased signal bands created due to sampling by the 
ADC at a frequency of F ADC /2 (Fig. 4F). This is the case for L = n* F ADC 1 2. The 
aliased signals are essentially added to the desired signal in a harmless way when 
f lo = n * f adc 1 2 • Thus, the sampled mixer output signal ends up at the ADC 
output with just aO, AO. 

By employing a particular relationship between the local oscillator 
frequency and the analog-to-digital converter sampling frequency, the need for an 
anti-aliasing filter between the local oscillator and the analog-to-digital converter is 
eliminated. In addition, a single common oscillator may be used to generate both the 
local oscillator signal and the ADC sampling clock may be employed which is more 
cost effective especially if this master oscillator must provide signals with very low 
jitter. This may also decrease the jitter in the analog-to-digital converter output 
signal. Without an anti-aliasing filter, the cost of the filter is eliminated. In addition, 
the regularly low impedance output of the mixer can be favorably coupled directly 
to the analog-to-digital converter input without impedance matching. The low 
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impedance mixer source masks the non-linear input capacitance of the analog-to- 
digital converter without introducing any extra loss. 

While the present invention has been described with respect to 
particular embodiments, those skilled in the art will recognize that the present 
invention is not limited to these specific exemplary embodiments. Different formats, 
embodiments, and adaptations besides those shown and described as well as many 
variations, modifications, and equivalent arrangements may also be used to 
implement the invention. Therefore, while the present invention has been described 
in relation to its preferred embodiments, it is to be understood that this disclosure is 
only illustrative and exemplary of the present invention. Accordingly, it is intended 
that the invention be limited only by the scope of the claims appended hereto. 



